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Abstract—Implicit Error Correction (IEC) is a near Video-on-
Demand (nVoD) scheme that trades bandwidth utilization for
initial playback delay to potentially support an infinite number
of users. Additionally, it provides error protection without any
further bandwidth increase by exploiting the implicit redundancy
of nVoD protocols, using linear combinations of the segments
transmitted in a given time slot. However, IEC packet loss
protection is weaker at the beginning of the playback due to
the lack of implicit redundancy and lower decoding efficiency,
resulting in worse subjective playback quality. In tackling this
issue, this paper contributes with an extension of the original
nVoD architecture, enhancing its performance by adding a
new element namely, subchannels. These subdivisions of the
original channels do not provide further packet loss protection
but significantly improve the decoding efficiency, which in turn
increases playback quality, especially at the beginning. Even for
very high packet loss probabilities, subchannels are designed
to obtain higher decoding efficiency which results in greater
packet loss protection than that provided by IEC. The proposed
scheme is especially useful in wireless cooperative networks using
techniques such as network coding, as content transmissions can
be split into different subchannels in order to maximize network
efficiency.

Index Terms—Multimedia communications, video streaming,
near video-on-demad, error resilience, erasure coding.

I. INTRODUCTION

The increase of broadband Internet access has contributed to
the popularization of video streaming services [1], and its major
implications have been addressed in some works such as [2] and
[3]. In connection to this situation, the study and development
of robust techniques for reliable content distribution have
become necessary. This paper presents an extended architecture
of the Implicit Error Correction (IEC) nVoD scheme that
considerably improves the original proposal in [4] and [5] by
significantly increasing client decoding efficiency. Specifically,
we have included subchannels to the system architecture. A
subchannel is an IEC channel partition, as we will describe
below. Moreover, subchannels enable IEC clients to recover
from more packet losses while shortening the time required to
obtain good playback quality.

There are several families of nVoD broadcast-oriented
protocols such as periodic broadcast [6]-[9], patching [10]-
[12], and bandwidth skimming [13]-[15]. All of them split
media files into segments and simultaneously broadcast them at
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different rates according to their relative position in the media
file and the initial content playback delay. As a consequence,
clients concurrently receive multiple streams with a total
transmission rate proportional to the content rate. The main
property of nVoD protocols is that they virtually support an
unlimited number of clients with limited bandwidth at the
cost of introducing an initial playback delay. However, all
these protocols do not deal with packet losses, which are very
common in wireless networks. In general, packet recovery and
error correction are performed transmitting more redundant
data, i.e. using protocol overheads; for instance, Forward Error
Correction techniques.

Currently, most multimedia services are provisioned over
broadband wired networks. However, different aspects, such
as user mobility, exponential growth of wireless networks, or
deployment cost of wired networks in rural areas are changing
this paradigm. In Europe, solutions such as 4G/5G networks
will play an important role in multimedia wireless services and
should overcome problems in places where wired technology
is costly [16]. As wireless networks will grow considerably in
the short term, it is important to consider diverse issues that
can compromise service quality. Among them: dependence on
weather or seasonal phenomena [17]; variable node density,
which can significantly degrade available bandwidth; and user
mobility. All of these situations can result in error rates of over
10% [18]. Connection oriented services, such as web surfing
and others, can tolerate these error rates and still provide high
quality. However, in broadband multimedia services, they pose
a clear challenge that has motivated research into robust coding
schemes.

In [19] we proposed a new nVoD scheme, IEC, with all the
advantages of traditional server-initiated nVoD systems, such
as unlimited scalability. IEC exploits the redundancy of the
systems to provide intrinsic error correction capabilities at the
client end without extra bandwidth cost. In [4] we evaluated this
scheme, both analytically and by means of computer simulation,
demonstrating its feasibility. Additionally, in [20] we studied
IEC in wireless cooperative networks using network coding.
This work showed that IEC obtains significant benefits in terms
of protection against packet losses and bandwidth utilization
of the joint coding schema.

Related to this research, there have also been studies dealing
with nVoD and error protection. The work described in [21] and
[22] is based on harmonic nVoD schemes. This approach splits
content into segments of equal size, internally divides segments
into chunks, and applies linear coding at different rates. To
achieve error protection, it produces longer coded segments;
i.e. adds redundancy that can be used in case of packet losses.
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As a result, protection is equal for all segments at the cost
of adding an initial playback delay that rises exponentially
with protection level. At this point, it is important to stress
that protection levels for the schemes in [21] and [22] remain
constant during the entire playback, while the IEC scheme,
due to its architecture, increases it every time a new slot is
downloaded; i.e. over time.

Regarding content distribution and wireless networks, recent
works deal with the paradigm of the Internet of Things and
optimal content distribution, such as in [23]-[26]. If we focus
on VoD and wireless networks, some of which are related
to content distribution in mobile networks, such as [27], in
which authors proposed the utilization of different multicast
encoded versions of the streams to distribute video in 3G
wireless networks.

Some works also propose the utilization of network coding
for VoD streaming. In this regard, there are several investi-
gations in the academic literature that deal with these two
topics, such as [28]-[30]. The application of network coding
is beyond the scope of this paper, but IEC can be easily
adapted to this transmission paradigm, as described in [20].
Basically, network coding is based on forwarding packets
towards their destination/s through each network node. Thus,
these intermediate nodes process packets in addition to relaying
them. Processing packets consists of generating and sending
new packets as linear combinations of the incoming ones. As a
result, network coding can increase error resilience in a similar
way to the systems described in the paragraph above.

Other papers related to VoD and wireless networks recom-
mend the utilization of scalable video coding (SVC) to adapt
the stream bandwidth (i.e. stream quality) to the number of
users [31]. SVC has many advantages, such as better network
scalability, better adaptability to different devices, or custom
protection of different video layers. Moreover, SVC can also
be implemented in nVoD systems, such as IEC, which was
described in [32], and combined with other complementary
techniques, such as channel or network coding.

This paper is based on previous works [4] and [5]. The
work in [4] introduced the basic IEC scheme and analyzed its
performance in terms of packet loss recovery. The work in [5]
showed an implementation architecture of IEC and extended
the original IEC mechanism by introducing a new technique,
denoted Feedback Error Correction, which increases the packet
loss recovery capabilities.

The main contributions of this paper are summarized in the
following points:

o An extension of the original IEC nVoD architecture to
support subchannels as an effective method of improving
decoding efficiency. The advantages of using subchannels
are at the cost of increased encoding and decoding
complexity. However, as the original IEC nVoD com-
putational complexity was very small [5] and the number
of subchannels required to achieve good performance is
also low, this complexity is constrained and should not
be considered as a limiting factor.

« A significant improvement achieved in decoding efficiency
compared to that of previous IEC variants, which is more
noticeable at the beginning of the video playback.

« A mid and long-term enhancement in IEC packet loss
protection as a consequence of the improvement of
decoding efficiency.

« An improvement in video playback quality at the client
end.

The paper is organized as follows. Firstly, Section II
describes the IEC nVoD scheme and the improvements provided
by redundancy and Feedback Error Correction, which is part
of the advanced IEC implementation. Section III presents and
analyzes the inclusion of subchannels in the IEC architecture.
In Section IV, we validate our results with some numerical
tests. Finally, we conclude the paper and propose future lines
in Section V.

II. THE IEC NVOD SCHEME

The basic IEC schema was introduced in [19], and is
based on Harmonic Broadcasting (HB) algorithms [33]-[35].
The implementation architecture of IEC was presented in [4]
and an advanced IEC schema, incorporating Feedback Error
Correction, was described in [5]. For the sake of clarity, this
section summarizes the main properties and features of the
IEC schema. More detailed explanations can be found in [19],
[4], and [5].

HB algorithms split contents into segments (s1,52,...,S;, 1 =
number of segments) of equal size. Each segment is composed
of k packets and transmitted using M € N independent multicast
channels at different transmission frequencies or periods, so that
transmissions are organized in time slots with a duration equal
to the duration of a segmentl. Moreover, in order to minimize
bandwidth utilization, segment periods must be as long as
possible. Figure 1 shows an example of an HB (suboptimal)
scheme. This HB scheme will be utilized as a reference for all
subsequent examples appearing in this paper. In Figure 1, rows
correspond to channels and columns to time slots. Thus, as
can be observed, segment s; has a retransmission frequency of
1, segment s, has a retransmission frequency of at least 1/2,
segment s3 has a retransmission frequency of at least 1/3 and, in
general, an arbitrary segment s, has a retransmission frequency
of at least 1/n. As the number of channels is fixed, bandwidth
utilization is constant but suboptimal. As a consequence, any
regular scheme must satisfy T(s;) <i. (T(s;) is the period of
segment s;) This constraint establishes the minimum required
bandwidth, but any regular nVoD scheme might additionally
allocate bandwidth for redundancy if it is available. Thus, let
us define M as the minimum number of channels required
for the nVoD scheme and R as the number of redundancy
channels. Consequently, the total number of channels of the
nVoD scheme, I, is obtained as I = M +R.

The minimum bandwidth, B, required by the IEC scheme
can be derived from the constraint T(s;) < i. Thus:

(D

'A segment frequency or, equivalently, a segment period sets a deadline
for segment retransmission. For example, a segment with period 1 must be
transmitted in all time slots and a segment with period 2 must be transmitted
every two time slots.
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t t+1 t+2 t+3 t+4 t+5 t+6
Channel 1| 81 S1 D S1 D S1 S1
Channel 2| 52 54 52 58 52 S4 52
Channel 3 | $3 56 S5 53 §7 59 §3

Fig. 1. Illustrative example of a suboptimal HB scheme (constant number of
channels per time slot and a single segment size).

t t+1
Channel 1| Olz
Channel 2 | 92
Channel 3 | 93¢

t+2 t+3
01,42 | 01,43

t+4 t+5
Ol 144 | O1,1+5

t+6
O1,:+6

Ol,t+1

021+1 0242 | 021+3 | O2¢+4 | 021+5 | 0246

O3+1 03442 | 03,1+3 | 03444 | 03++5 | 03,446

Fig. 2. The same scheme as in Figure 1 with implicit error correction and a
redundancy channel.

where r is the content rate. Consequently, the minimum B,
corresponds to T (s;) = i. Therefore,

n
1
ank;]%r:Hnra 2

where H,, is a harmonic number defined by:

Hy=) ¢ 3)

Expression (3) implies that M > H,, n > 1 (harmonic
numbers are always non-integers, except for n = 1). However,
M Z H, as n grows. For this reason, it is advisable to choose
an n so that M ~ H,, M € N (the difference is bounded by

1/n).
As explained in [19], content is divided into n equal size
segments, ¥ = {s1,52,...,5,}. The encoded segments G,

for channel m and time slot ¢ (Figure 2) are obtained by
performing the following operation on the subset of original
segments s;...5; (|{si...s;}|=M > H,):

Oms = si@ . @ s, {0 e {0,1}, @)
where “@®” is the standard bitwise XOR operation, “” is
the multiplication, and {c}/".. c?;t} are coefficients, suitably
chosen to maximize decoding efficiency [5]. These coefficients
indicate whether a segment s; is going to be used for a bitwise
XOR operation (c?l.l’f = 1). For example, in slot ¢ of the example
shown in Figure 1, the transmitted segments are s1, sp, and 53
and one possible 1, could be o1, = 51 @ s3.

As indicated above, IEC supports the addition of an arbitrary
number R of redundancy channels, R > 0. As in expression
(4), a redundancy channel segment can be expressed as:

Ope =P -si® .. op s, {pi" Py € {01} (5)

In expression (5), coefficients {p;; o pf'/“} are equivalent
to those of expression (4). Let C' be a binary matrix of size
I x M whose components are:

3
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As can be expected, for any time slot ¢, the rank of C" must
be M to recover all the segments. This issue is not studied in
this paper but has been discussed in previous works [4], [5],
[19].

It is important to note that a segment is composed of
an arbitrary number of packets. Depending on the error
distribution, it will be possible to recover parts of a segment
even if others are lost or recovery is not feasible.

A. IEC peformance

The work in [5] provided extensive information on the
architecture of the IEC decoding system. In short, if some
coded segments are lost, the recovery process can use previously
decoded segments and the redundancy channels to recover these
lost segments. This permits the correction of errors up to a
certain packet loss probability. However, this probability always
increases if the client decodes a new segment (or a packet).

Regarding packet loss probability, the works in [19], [4], and
[5] only considered uniform distributions. It can be argued that
other packet loss distributions are possible, such as bursty
packet losses, especially in wireless communications, and
consequently providing different performance metrics. However,
as packets within a time slot do not need to be transmitted
in order, their transmission sequence can be randomized and
any type of packet loss distribution will be transformed into a
uniform one at the receiving end [36].

In [19], the formulation of the maximum admissible packet
loss rate as downloading progresses was first introduced. Let us
define p, ;g as the maximum admissible packet loss probability
for an IEC scheme with n segments, H, ~ M, during time slot
b using R channels of redundancy, I = M + R. Thus, to decode
all the segments in a time slot b, equation (7) must hold:

H, +R

< =4 7
PnpR < H, + R @)

To illustrate expression (7), Figure 3 represents an example
of the maximum admissible packet loss probability as new
segments are decoded and become available. This example
employs no redundancy, R = 0, and M = 8 multicast channels.
As can be seen, even without redundancy channels probability
Dnb0 inCreases as new segments, obtained in previous time
slots, become available.

Expression (7) has a global minimum at b = 1 because
H, is a monotonically increasing unbounded function. Thus,
from expression (7) it is evident that p,;r = R/(H, +R)
is the minimum admissible packet loss probability for any
time slot. As stated above, IEC implicit channel redundancy,
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Estimation of maximum admissible loss probability,
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Fig. 3. Maximum admissible p, ;g as new original segments become available
for M =8 and R=0.

Estimation of maximum admissible loss probability,

M=7,R=1
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Fig. 4. Maximum admissible p, ; g as new original segments become available
forM=7and R=1.

i.e. previously decoded segments, increases the admissible
packet loss rate in future time slots. As an example, Figure
4 shows p,p,r for an IEC scheme with one channel of
redundancy, R = 1, and M =7 multicast channels. This channel
of redundancy provides minimum packet loss protection of up
to 12.5%. However, as a drawback, this approach increases the
initial playback delay. This happens because using redundancy
channels decreases M (there are fewer channels to assign
segments) and consequently, decreases H,, (note that H, <M
must hold).

It is possible to estimate a relationship between the number
of channels and delay. In fact, harmonic numbers can be
approximated by H, = yY+1Inn if n is large enough, where
Y is the constant of Euler-Mascheroni (y = 0.577). Thus, as
explained in [5], increasing the number of redundancy channels
(mantaining I = M + R constant) decreases the number of
segments that can be allocated in the remaining channels (i.e.
segment size increases) by a factor of ef. As a consequence,
the utilization of R redundancy channels increases delay
proportionally to eR.

Figure 5 is an illustrative example of the relationship between
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Relationship between admissible loss probability lower bound
and initial playback delay (content duration = 120min, / = 8)
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Fig. 5. Relationship between admissible lower bound (p,, , g, b = 1) and initial
playback delay for content duration=120min and / = 8.

admissible loss probability lower bound and initial playback
delay for content with a duration of 120 min and / = 8 channels
(content and redundancy channels). As predicted by our theory,
initial playback delay grows exponentially with the utilization
of transmission channels as redundancy channels. However,
it should be noted that for a content duration of 120 min,
an admissible loss probability lower bound of 25% (R =2)
imposes fewer than 32 s of initial playback delay. The lowest
initial playback delay is achieved for an admissible loss
probability lower bound of 0 with an initial playback delay of
fewer than 5.
Thus, from expression (7) the following can be derived:

Hy_

P R ot = papo, iR (b—1) = (B — 1)k (8)

n

Expression (8) reflects that redundancy channels do not
improve packet loss recovery during playback. Nevertheless,
redundancy provides minimum packet loss protection at the
cost of increasing initial playback delay as can be observed in
Figure 5. Figures 4 and 5 show how initial playback delay is
increased approximately by a factor of e compared to Figure 3.
Figure 6 compares the maximum admissible loss probability for
different setups. In accordance with expression (8), these values
are very similar and converge as playback grows. However,
redundancy channels raise the minimum admissible packet loss
probability as depicted in Figure 5. If IEC is compared to the
HB nVoD scheme in [21] and [22], using the same setup of
initial playback delay and bandwidth utilization, the theoretical
initial packet loss protection is the same?. However, packet loss
protection in [21] and [22] remains the same during playback
because it depends on the redundancy added to each segment,
whereas IEC utilizes redundancy channels in a similar way as
that in [21] and [22] and, in addition, previously downloaded

2 Assuming ideal conditions, such as perfect decoding efficiency and uniform
packet loss distribution.



This article has been accepted for publication in a future issue of this journal, but has not been fully edited. Content may change prior to final publication. Citation information: DOI 10.1109/TMM.2019.2953812, IEEE

Transactions on Multimedia

IEEE TRANSACTIONS ON MULTIMEDIA, VOL. XX, NO. X, MONTH 2019

Estimation of maximum admissible loss probability for
different setups (I = 8)
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Fig. 6. Maximum admissible p,; g as new original segments become available
for different setups (I = 8).

segments act as extra redundancy and gradually increase packet
loss protection. In other words, IEC provides at least the same
packet loss protection as [21] and [22], plus the protection
provided by the previously downloaded segments.

Moreover, it can be argued that nVoD schemes are inefficient
in terms of bandwidth allocation if the number of clients is low.
Although this may be true, if an IEC server is provided with
information about clients, it can selectively switch off some
channels, as clients have implicit redundancy from previously
downloaded segments for successful decoding.

B. IEC architecture

The work in [5] introduced an advanced architecture im-
plementation of IEC and further included Feedback Error
Correction (FEC).

The IEC implementation described in [4] worked as follows
(see Figure 7):

1) During a time slot, the decoder tries to decode received
packets. If packet losses are below the admissible
packet loss, all information will be recovered. Over the
admissible packet loss, it will not be possible to recover
all the original information.

2) After step 1, the decoder tries to use previously down-
loaded packets that can act as redundancy in the decoding
process.

3) In the last state, all undecoded information is considered
useless and, consequently, discarded.

FEC is an addition to the basic IEC scheme that takes

advantage of previously undecoded information (see Figure 8):

1) Undecoded packets are not discarded anymore but stored
for future decoding. It might happen that some of these
undecoded packets are decoded after their playback
deadline. Even if this is the case, no information is
discarded.

2) At the end of every time slot, the decoder also tries to
decode these previously undecoded packets using the
newly decoded packets of the current time slot.

The main advantage of this approach is that storing unde-

coded packets and trying to decode them in the subsequent

Received packets

Decoded packets
Lost packets Undecoded packets

Slot¢t
Channel 1 3 | -
Channel 2 decodlng ! i; |
Channel 3 | 531
Redundancy e !
Slot¢+1 ST
Channel 1 :
Channel 2 decodlng il
Channel 3 55
Redundancy h
Video playback
| Il BN Bl B BN
— N N _
N S1 52 53 o

~—
Result after slot ¢

Fig. 7. Decoding example without FEC.

time slots improves decoding performance. Once these packets
belonging to previous time slots have been decoded, IEC
behavior substantially improves in two ways:

1) It is possible that a packet is recovered after its playback
instant. However, it improves playback quality because
it helps to increase the admissible packet loss in the
following time slots. In other works, these types of
packets can be used as redundancy in future time slots.

2) If a packet has not been played, beyond improving the
admissible packet loss in subsequent time slots, it also
enhances subjective playback quality, which is the most
important goal of IEC performance.

FEC, as presented in [5], does not discard undecoded packets
after a decoding process. These undecoded segments are stored
for future decoding. This means that the IEC decoder tries
to decode previously undecoded packets at every time slot,
thanks to which new packets will be decoded and used as
implicit redundancy. The FEC IEC implementation of [5] is
outlined in Figure 8. It shows how FEC improves decoding
efficiency regarding the analogous example of Figure 7. Going
back to the same example from the previous paragraph, it can
be seen that the new parts of s; decoded during # + 1 allow
the complete decoding of segments s, and s3. Thus, decoding
efficiency and packet loss recovery improve through the use
of FEC.

III. IEC AND SUBCHANNELS

IEC packet loss protection is provided by redundancy
channels and implicit redundancy from previously downloaded
information. This is achieved by means of channel coding. As
in other HB schemes, a reduced number of channels is enough
to provide low initial playback delays, which is a desired
property in order to optimize bandwidth utilization. However,
this has a major drawback, especially in the first time slot,
because packet loss protection is more efficient if the number
of coded packets is higher. As an example, let us consider
I=M+R=8,M="7,R=1, a uniform packet loss probability
pe =0.1, and the first time slot transmission (b = 0). This setup
provides packet loss protection for the first time slot of up
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Received packets
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Fig. 8. Decoding example with FEC.

Content! S1 [ s2[83[---[5n |

L

Segment [ST1[S12] - |s1,\l|

Fig. 9. Content segmentation prior to transmission.

t t+1 t+2 t+3 t+4 t+5 t+6
Channel 1-1 [ OL1 [O1,1,:+101,1,642/01,1,:+3[01,1,t+4/01,1,:-+501,1,t+6
Channel 1-2 | G124 (01 2,1/01.2,442(01 2301244001 2,11 5012446 -
o 7(}6;1}1;1;31727:1 02,11 02,1,141/02,1,142(02,1,1+3(02,1,14+4(02.1,+5/02.1,1+6|
Channel 2-2 | 0224 (0221102242102 2302241402 2.1 5022446 -~
* Channel 3-1

Channel 3-2 | 032 (032:+1/03,2.442(0321+3(03.214+4(03 21+5/032,4+6/ ---
Redundancy 1-1
Redundancy 1-2

Fig. 10. Same scheme as in Figure 2 but with subchannels and redundancy.

012 (01,2,:+1/012.142(01,2,1+3(01.2.14+4(01 2, +5/01,2.1+6|

03,11 (03,1,6+1/03,1,642/03,1,:+3(03,1,t+403, 1,1+5/03,1,1+6]

to 12.5%, which should be enough for the system to work
properly. In this scenario, the transmission involves sending
an amount of sets composed of 8 coded packets, each one
corresponding to a channel. The amount of sets depends on the
segment size. Thus, if two or more packets of the set get lost,
no decoding will be possible, as packet losses will exceed the
packet loss protection provided by IEC. By means of simple
probability calculations, it is easy to check that about 19% of
the sets will not be decoded; i.e. during playback, about 19%
of the first segment will contain errors.

As described in [19], [4], and [5], in general, first content
segments are the ones containing more errors. Our proposal
to overcome this problem and improve playback quality,
specially at the beginning, is the addition of subchannels to
the IEC scheme. Subchannels do not provide better packet loss
protection but better decoding efficiency, as is explained below.

The original IEC scheme uses several channels to simulta-
neously transmit the scheduled segments in a time slot, and
each segment occupies one channel. To extend this scheme,
we propose the utilization of subchannels; i.e. a segment is
split into subsegments that are then transmitted by several
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subchannels during a time slot. The set of subchannels assigned
to a segment constitutes a channel. From now on, we will refer
to this scheme as IEC-S.

Let us split a segment s; into A equal size subsegments. Each
subsegment corresponds to a subchannel with a transmission
rate r/A, such as s; = s UsioU...Us;, (see example in
Figure 9). Then, expression (4) becomes:

Mt Mt Mt
Ompus = C 51 @ ... DY ~si7l@...@c§z{*

9

e mLt | mt
Si1®...0c sj.,lv{cs“ ..

TR,
S/]L 'Csj,l }

€ {0,1},
where 0y, is the encoded segment for channel m, subchannel

1 and time slot ¢. Similarly to expression (4), equation (5)
becomes:

R m, Lt . m, .t m, Ut
Omus =Pl st @ . @plH s, & @it
Js (10)
m,ut m, Lt m Lt
A @@ps]f “SjAs {ps,-tl'u ps]}lf

€{0,1},

In expressions (9) and (10), c;';’f’[ and p;f’xw, xef{l,...,A}
are coefficients, carefully chosen to maximize decoding effi-
ciency [4], that denote whether a subsegment s; , is going to
be used for a bitwise XOR operation (cj; /' T=1or ps T=1).
Figure 10 shows the same example as Figure 2 but with two
subchannels (A = 2) for each segment transmission. The coding

matrix C' will have a size of A(M + R) rows by AM columns:
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Probability of correct segment decoding in the first slot,
M=7,R=1

A

pe=0.100 — p, = 0.120
— pe =0.140 — p, = 0.160

pe=0.125

Fig. 11. Theoretical efficiency in the first slot as a function of A and p,,
M=7,R=1.
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(1)
The coding matrix of expression (11) is similar to that of
expression (6) but A2 larger. Thus, from the point of view of
packet coding and decoding, the coding matrix (11) would
be equivalent to that of an IEC scheme using a total of AJ
channels, of which AR are redundancy channels. Thus, every
row of (11) represents the coding operations performed for
each one of the subchannels, whereas every column of (11)
indicates whether a subsegment is used in a subchannel coding
operation.

A. IEC-S performance

The coding matrix (11) must be carefully selected to provide
high packet loss probability. A bad coding matrix will fail to
decode even with packet losses below the admissible packet loss
probability. This issue was already discussed in previous works
such as [5]. The work in [37] also deals with the properties
required by these coding matrices. Similarly, as discussed above,
let us define p, ;g ; as the maximum admissible packet loss
probability for an IEC-S scheme with n segments during time
slot b using R channels of redundancy, where each channel is

7

Correctly decoded packets (%), M =7, R=1, p,=0.1

i

951 1
| i A=1 |
1 K A=4 |
90 ¢ LT A=8
| L |—2a=12]]
851 2141618 2 A=16 |

2 4 6 8 10

Playback (%)

Fig. 12. Simulation results for different numbers of subchannels, M =7,
R=1, p.=0.1.

Correctly decoded packets (%), A =12, p, =0.1
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95 .
%0; i
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! M=8 R=0
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Fig. 13. Simulation results with and without redundancy, / =8, p, =0.1.

divided into A subchannels. In order to decode all the segments
in time slot b, the following must hold:

H, {+R
H,+R
(12)
Expression (12) demonstrates that the number of subchannel
packets received (A(M + R) = A(H, + R)) plus the implicit
redundancy from previous time slots (AH,_;) must be equal
to or higher than the number of subchannels (AM ~ AH,).
This equation shows that subchanneling does not increase the
maximum admissible packet loss probability. However, let us
focus on the first time slot and assume a packet loss probability
of p., and that I channels consisting of A subchannels are
available.

(1=pnpra)A(Hy+R)+AHy 1 > AH, = pypri <

1) A client correctly decodes all channels if at least AM
channels are received. This probability can be calculated

as:
A(M+R) _
Y ()L (M.+ R)) (1—=pe)'p

=AM !

iL(MJrR)fi (13)

2) The probability of success in the first time slot can
be modeled as a binomial distribution, 2~ ~ B(A(M +
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Fig. 14. Simulation results for different packet loss probabilities, M = 7,
R=1.

R),1—p,), where f(i;A(M+R),1— p,) is the probability
mass function. Thus, for any A > 1, we can generalize
the expression for the probability of success as:

A(M+R)

Y 1@

i=AM

P2 > AM] = AM+R),1—p,) (14)

3) By means of simple experiments it is easy to assess that
subchanneling may result in lower success probabilities
for the first time slot for low values of A. However, this
changes for subsequent time slots. If A is large enough,
decoding efficiency will improve. Following the example
at the beginning of this Section, for A =6, 20% of the
first segment will contain errors (larger than for A = 1),
and for A =12, 16% of the first segment will contain
errors (lower than for A = 1).

Pr[%Z) > AM] converges asymptotically to three different
values depending on the value of p, as A — oo:

, if (I—=pe)(M+R)>M
, i (1=pe)(M+R)=M

2
0, if (1-p.)(M+R)<M
15)
Expression (15) reveals that if there is enough redundancy to
support packet losses, subchannels will improve their efficiency
and allow full error recovery. Of course, if p, is too high, no
information will be recovered, even for high values of A. As we
will describe in Section IV, the implicit redundancy provided
by IEC-S helps achieve full recovery, even for values of p,
that would lead to poor results in other schemes, such as [21]
and [22].
Figure 11 represents the theoretical efficiency in the first slot

e

lim Pr[2) > AM] =

A—so0

for different values of p, as a function of A for M =7, R=1.

We can observe three different behaviors depending on whether
pe is greater than, equal to, or lower than 0.125. However,
we will show that IEC can provide good performance even
for values of p, falling within the shaded region in Figure 11
(/llim Pr[.Z) > AM] =0).

—o0
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Fig. 15. Y-PSNR for three different setups.

Below the admissible packet loss probability IEC-S, like
every other system, behaves poorly in terms of decoding
efficiency as shown in Figure 11. However, as long as IEC-S
decodes some packets, decoding efficiency will improve in
every time slot. Thus, even with high packet loss rates, it must
be possible to provide good playback quality by waiting for
extra time slots until a client stores enough implicit redundancy
to improve its packet loss protection over that of the network’s.

B. IEC-S Computational Complexity

In terms of the computational complexity of IEC-S, the orig-
inal IEC system has a computational complexity bounded by
O(M?) [4], which is admissible considering that M is generally
a low number. Moreover, the IEC system with redundancy has
a complexity bounded by O(I-M) = O(M?> +R-M) < O(I?).
Thus, computational complexity depends on the number of
channels, /. Consequently, IEC-S has a computational complex-
ity bounded by O(A%-1-M) = O(A*(M*>+R-M)) < O(A2-1?).

It can be argued that if A is too high, it can lead to infeasible
computational complexity. Obviously, A cannot experience
unlimited growth, but our experiments show that relatively low
values of A provide good performance, simultaneously produc-
ing computationally feasible coding matrices that any modern
system can deal with. Thus, if the number of subchannels is
moderate, the increase in computational complexity should be
admissible for any commercially available playing device. As an
example, in our tests (see Section IV), performed in commercial
tablets and laptops, values of A =6 or A = 12 (coding matrices
of size 48 x 48 or 96 x 96, respectively) already showed very
good performance.

IV. TEST RESULTS
A. Packet loss recovery

The IEC server and client architectures have been presented
in a previous paper [5]. Obviously, subchannels modify the
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2

Fig. 16. Screenshots for different server setups: IEC without subchannels (1) and without FEC (2) M =7, R=1, p, =0.1).

architecture, but the changes are minor since, from the point of
view of the implementation, a matrix of size A(M +R) x AM
is treated as an (M + R) x M matrix. For this reason, in this
paper we have not developed new architectures for the client
or server. The work in [5] can be consulted for further details
on IEC server and client architectures.

The goal of our tests was to study the impact of subchannels
on overall IEC performance. Figure 12 depicts diverse results
for a setup with M =7 and R = 1 ranging from 1 to 16
subchannels and for a packet loss probability p, = 0.1. For
the first slot, this setup provides theoretical protection for an
error probability R/(M +R) = 0.125 and, as expected from the
theory, the tests show that increasing the number of subchannels
improves packet loss recovery. However, this improvement is
only noticeable at the beginning, which is also consistent with
our theory and, beyond a certain number of subchannels, the
benefit becomes almost negligible (see Figure 11). Although
it might seem that improving decoding efficiency in just a

few slots is not very relevant, it is also true that due to the
nature of the IEC schemes, most decoding problems appear
during the first slots, as will be discussed later in this Section.
Again, as predicted by the theory, Figure 13 illustrates that the
inclusion of subchannels requires the addition of redundancy
to achieve full packet loss recovery. As has been mentioned in
previous sections, subchannels do not provide higher packet
loss protection but improve decoding efficiency, provided there
is enough redundancy. However, improving decoding efficiency
during the first time slots also implies the availability of
more implicit redundancy during the subsequent time slots.
Thus, subchannels improve decoding efficiency during the first
time slots but, as a collateral effect, also improve packet loss
protection in the mid and long-term thanks to an increase in
implicit redundancy.

In Section III, we studied the effects of a packet loss
probability beyond redundancy protection. We observed that
under this circumstance the capacity to correct errors tends
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to zero. However, as can be observed in Figure 14, IEC-S
can overcome this problem, even for very high packet loss
probabilities. The higher the packet loss probability, the longer
IEC-S will require to achieve full packet recovery but, thanks
to the utilization of previously downloaded packets as implicit
redundancy, it is always possible to avoid null packet recovery,
as might happen in other nVoD schemes, such as the work in
[21] and [22]. It is also important to stress that in the examples
in Figure 14, the redundancy channel only provides protection
of packet losses of up to 12.5%, which in most cases is less
than the packet loss probability (p.). Even for these cases,
IEC-S can achieve full packet recovery after an amount of
time that depends on the packet loss probability. Once the
implicit redundancy protection exceeds the packet loss rate,
the system behaves better than the original IEC scheme due to
the utilization of subchannels (see Figure 12).

B. Y-PSNR analysis

Figure 15 shows a Y-PSNR (Peak Signal-to-Noise Ratio
of image luminance) analysis for different IEC-S setups. All
tests were performed using the movie “Wall-E” (2008) and
encoded with H.264 in HD with a data rate of 2 Mbits~!. Y-
PSNR is typically employed to assess video quality objectively
without introducing significant errors [38]. The first two parts
of the graph correspond to the same scenario but for a different
number of subchannels. As can be observed, if the system is
appropriately dimensioned, a higher number of subchannels
offers better subjective quality, although beyond a certain num-
ber of subchannels its benefit becomes almost unnoticeable. As
previously mentioned, most decoding problems appear during
the first time slots and, as a consequence, all improvements to
the IEC scheme that are relevant for the first time slots can be
considered to be significant. At the bottom of Figure 15 we
show an example for an under-dimensioned setup with a packet
loss probability p, = 0.25. Although the subjective quality is
poor at the beginning, it converges to that of the other examples
before reaching a playback time of 10%, which demonstrates
the robustness of the IEC-S scheme under adverse conditions.

Finally, we illustrate some sample screenshots from the
movie “Wall-E” in Figures 16 and 17. From these figures,
with a packet loss probability of p, = 0.1, it can be observed
that A =4 subchannels are enough to achieve good results
compared to those provided by IEC without subchannels and
IEC without FEC (Figure 17, (2), (a)-(c)). Figure 18 shows
the image errors regarding the playback of the IEC scheme
using 4 subchannels. As can be expected, the IEC setup with
M =7 and R = 1 behaves better than IEC without subchannels.
Nevertheless, these screenshots show that only 4 subchannels
are enough to significantly improve playback quality. This is
consistent with all the issues previously discussed in this paper.

V. CONCLUSIONS AND FUTURE LINES

This paper presents the IEC-S scheme. It extends the IEC
scheme in [4] and [5] by introducing subchannels. Specifically,
a channel is divided into A subchannels, each using 1/4 of the
channel bandwidth. This allows for better decoding efficiency

10

and better objective playback quality at the cost of a moderate
increase in computational complexity.

Subchannels alone do not increase error protection, but
rather error recovery efficiency. Intuitively, using subchannels
increases tcoding and decoding matrix sizes. This means that
the same number of packet losses, which in the original IEC
scheme were spread over a few channels, are distributed over
many sub-channels in IEC-S, which makes it more robust
thanks to the fact that the decoding system can operate more
efficiently. As long as the decoder is efficient when the number
of packets is large enough, it is preferable that the number of
packet losses be bounded rather than highly variable when the
number of channels is low.

Despite its benefits, the use of subchannels does not improve
error recovery efficiency if the system is not well dimensioned.
This happens when the packet loss probability (p.) is higher
than the maximum admissible packet loss probability (p,  z 1)
of the nVoD scheme. However, although for other nVoD
schemes this might result in very poor performance, IEC-S
maximum admissible packet loss probability increases with
each time slot and, at some point, exceeds this probability
(Pnpr2 > Pe)- When this happens, the subchannel scheme
outperforms the original IEC mechanism.

The subchannel scheme does not require modifications to the
original architecture. From the point of view of implementation,
a subchannel is equivalent to an original channel. For this
reason, the subchannel technique is easily integrated while
providing important benefits in terms of playback quality.

The introduction of subchannels significantly improves IEC
performance and playback quality. The current IEC scheme
provides similar packet loss protection to all channels, although
some segments are more sensitive than others (lower numbered
segments are more sensitive to errors). One of the future lines
that is under development is the introduction of asymmetric
packet loss protection. The goal is to provide higher packet
loss protection to those segments which are more sensitive to
packet losses.

IEC-S and all previous variants do not focus on bandwidth
optimization; i.e. it uses a fixed number of channels and the
more channels there are, the shorter the playback delay will be.
This design is efficient in the sense that it supports a virtually
infinite number of clients. However, if the number of clients is
low (lower than the number of channels), unicast transmissions
would be more efficient in terms of bandwidth. Moreover, IEC-
S implicit redundancy implies that at a certain point, the client’s
maximum admissible packet loss probability is much higher
than the network packet loss probability. In fact, it would not
be necessary to download all the segments of a given time slot
but a subset of them to allow full decoding. Another future
line is to design an IEC scheme that also optimizes bandwidth
utilization by allowing clients to select which segments to
download for every time slot.

Finally, the IEC scheme is designed for video distribution
and achieves its potential in limited bandwidth error prone
environments. Albeit video distribution being its main applica-
tion, IEC could be applied to other scenarios, such as software
updates in large wireless sensor networks or Internet of Things
applications. In general, IEC might be very helpful whenever
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Fig. 17. Screenshots for different server setups: IEC without subchannels (1) and IEC for 4 subchannels (2) (M =7, R=1, p,=0.1).

it is required to distribute digital contents to large audiences.
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